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Avaya Solution & Interoperability Test Lab

Application notes for AudioCodes Mediant 3000 with Avaya
Communication Server 1000 Release 7.0 — Issue 1.0

Abstract

These Application Notes describe a solution comprised of Avaya Communication Server 1000
Release 7.0 and the AudioCodes Mediant 3000 Version 6.00A.020.002. During the compliance
testing, the Mediant 3000 was able to register, as a SIP gateway endpoint, via SIP trunk to the
Communication Server 1000. The Mediant 3000 was able to process SIP trunk messages from
physical PSTN interfaces with an STM-1, OC3, DS3, T1, or El to the Communication Server
1000 and vise versa. The tests of other telephony features such as call transfer, conference, call
forward and DTMF relay were executed.

Information in these Application Notes has been obtained through DevConnect compliance testing
and additional technical discussions. Testing was conducted via the DevConnect Program at the
Avaya Solution and Interoperability Test Lab.
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1. Introduction

These application notes provide detail configurations of Avaya Communication Server 1000
Release 7.0 (here after referred to as CS1000) and AudioCodes Mediant 3000 Version
6.00A.020.002 (here after referred to as Mediant 3000) during the compliance testing session.
The Mediant 3000 was tested against the non-SIP and SIP clients of the CS1000 Release 7.0.
All the applicable telephony feature test cases of Release 7.0 were executed against with the
Mediant 3000, where applicable, to ensure the interoperability with CS1000.

1.1. Interoperability Compliance Testing
The focus of this compliance testing is to verify that the Mediant 3000 is able to interoperate
with the CS1000 Release 7.0. The following interoperability areas were covered:
e Registration of Mediant 3000 to the CS1000 Release 7.0 system via SIP trunk to Network
Routing Service (NRS)/SIP Proxy Server (SPS).
e (alls establishment between CS1000 Release 7.0 with Avaya SIP/non-SIP phones and
CS1K emulated PSTN on Mediant 3000 side via SIP trunk.
e SIP trunk telephony features: DTMF transmission, voicemail with MWI notification,
busy, hold, transfer, conference.
e Codec negotiation.

1.2. Support

For technical support on AudioCodes Mediant 3000, please contact AudioCodes technical
support at:
e Website: http://www.audiocodes.com

2. Reference Configuration

Figure 1 illustrates the test configuration used during the compliant testing event between the
Avaya CS1000 and the Mediant 3000.

Private Zone Public (PSTN) zone
IP phone -
= , cone Digta prone
o NRS - .
Digital Phone Call pilot I
I . - . — " - -
i . i — SIP m % e ks
- s m
Analog Phone
CS1K T1/Ni2
o 1) T1/QSIG
C@I’ <

SIPL Phone
2 ] 14 = —r

H—' \;ﬂ'ﬂ

: Teco

: / SLG Audicode Edgelink 100
‘ Mediant 3000

Figure 1: Lab Diagram

QT; Reviewed: Solution & Interoperability Test Lab Application Notes 2 of 61
SPOC 9/7/2010 ©2010 Avaya Inc. All Rights Reserved. M3KCS1000R7



3. Equipment and Software Validated

System

Software/Load Version

Avaya Communication Server 1000

Call Server (CPPM): 7.00Q
Signaling Server (CPPM): 7.00.20
SIP Line Gateway (IBM 3550)

Call Pilot

Call Pilot (7.00Q): 05.00.41.20

11xx SIP client (Sigma)

SIP soft-phones
IP phones

02.02.21.00

SMC3456: v2.6 Build 56941
2004P2:0604DCN,1140:0625C7J

AudioCodes Mediant 3000

6.00A.020.002

4. Configure the Avaya CS1000 Release 7.0

This section describes the steps to configure CS1000 Release 7.0 using Element Manager. A
command line interface (CLI) option is also available to provision the application on CS1000
Release 7.0 systems. For detailed information, see [2].

4.1. Prerequisite

- CS1000 system has been upgraded to Release 7.0.
- A server which has been

o Installed with CS1000 Release 7.0 Linux Base.

o Joined CS1000 Release 7.0 Security Domain.

o Deployed with Signaling Server Gateway and SIP line Application.

- The following packages are enabled in the key code.

Package Type
. Package Lo Lo Applicable
Package Mnemonic Package Description (New or Existing
Number Market
or Dependency)
417 SIP Line Service New package Global
SIP_LINES
package
FFC 139 Flexible Feature Codes Existing package Global
SIPL_NORTEL 415 Nortel SIP Line package Existing package
416 Third-Party SIP Line Existing package
SIPL_3RDPARTY
Package
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4.2. Login to Unified Communications Management (UCM) and
Element Manager (EM)

- Use Internet Explorer to launch CS1000 UCM web portal at http://<IP Address or
FQDN> where <IP address or FQDN> is the UCM Framework IP address or FQDN for
UCM server.

- Login with the username/password which was defined during the primary security server
configuration (not shown). After login, the user will be directed to the Unified
Communications Management home page as shown in Figure 2.

(= Unified Communications Management - Windows Internet Explorer
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Figure 2: UCM Home Page
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- On the Elements page of Unified Communications Management, under the Element
Name column, click on the Call Server name, CS1000, to navigate to Element Manager.
The CS1000 Element Manager page will appear as shown in Figure 3 below.

£ Element Manager, - Windows Internet Explorer
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4.3. Enable Gateway SIPL service and Configure the Root Domain in
Customer Data Block (CDB)

The following steps below, as shown in Figure 4, describe how to enable SIP line services
for a specific customer:
- On the Element Manager (EM) page, on the left menu column, click on Customers.
- Select the customer number by clicking the number on the right menu column (not
shown).
- Enable SIP Line Service by clicking on SIP Line Service link in Customer Details page
(not shown) and the SIP Line Service check box.
- Enter the SIP Line Root Domain name in the Root Domain text box.
- Click on Save button to complete the set up.

/= Element Manager - Windows Internet Explorer

+ |2 hetps:ffcppm?.ca.nartel.com/emieb_6-0/SECURE_OBIECT_ID/cam.nortel.oms.C51000/3670bb4a-82ea-11df-bed7-ffades196azh aunct v |k Certificate Emror |47 X [[2]-

b —

Fle Edit View Favorites Tools Help
Links @& Custamize Links @ | Windows 2 windows Marketplace @ | Windows Media

Google | v MY search - g3 - e [ share G- [ Sidewik - "5 Check (23] Translate + ] autoRil - 40 €4+ (signin -
o [gelement Hanager [ } o v Bl f=h v [rPage v (FTods v
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Figure 4: SIP Line Service in Customers Data Block
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4.4. IP Telephony Node Configuration

The following steps below, as shown in Figure 5, describe how to create a node on Call Server
and its configuration details:
- On the EM page, navigate to System = IP Network = Nodes: Servers, Media Cards
(not shown).
- Click Add on the right menu of this page (not shown) to add a new Signaling server or
SIP Line Node to IP Telephony Nodes. To see the Signaling or SIP Line node details,
click on the Node ID.
- Enter Node ID in the Node ID text box.
- Enter Call Server IP Address in the Call Server IP Address text box.
- Enter Node IP Address in the Node IP Address text box.
- Enter TLAN Subnet Mask in the Subnet Mask text box.
- Enter ELAN Gateway IP Address in the Gateway IP Address text box.
- Enter ELAN Subnet Mask in the Subnet Mask text box.
- Enable Virtual Trunk Gateway (SIPGw, H323Gw) and SIP Line check box to enable
SIPGw and SIP Line.

{2 Element Manager, - Windows Internet Explorer
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* e [88 ] - ] @ AudioCodes \ @ Element Manager x ]M Gmail - Emailing: Review_M3... ] '_r,éCaIIPilot Manager - Login ] l
— UCH Metwork Services | Managing: 47.248.100.145 Username: admin
_Home 1 System » IP Network » [P Telephony Nodes » New IP Telephony Node
- Links New IP Telephony Node
- Virtual Terminals Step 1: Define the new Node and its services.
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Figure 5 — IP Telephony Node

- Click Next. The page to add server to node appears (not shown).
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- On Add Server page, from the Please Select Server list, select the server to add to the

node.

- Click Add (Do not click the Next button).
- Select the check box next to the newly added server, and click Make Leader.
- Figure 6 shows server “cppm7” selected.
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New IP Telephony Node (ID:551)
Step 2 Associate required signaling servers for SIF Line senvices.

In order to appearin the list below, servers must already be defined within ECIM, should not be part of any other IP telephony node and
deployed application(s) on the server{s) should match the service(s) selected for this node.

[] Hostname= Type

Frint | Refresh
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Figure 6 — IP Telephony Node — Add Server

- Click Next. The Sip Line gateway Configuration Detail page appears.
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- Enter SIP Line domain name in SIP Domain name text box. This must be the same as
the domain name configured in Customers, Section 4.3.
- Click Next.

(= Element Manager, - Windows Internet Explorer
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File Edit Yiew Favorites Tools Help
Links & | Customize Links & | Windows 85 Windows Marketplace & | Windows Media

Goc sle | i will be v| ' Search =4+ @ - E?' Share = @ - Sidewiki ":} Check ~ E‘ Translate ~ ﬁ AutoFill ~ (_(,: @i @ will @ b
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— [T New IP Telephony Node (ID:551)
- Virtual Terminals Step 3: SIP Line Configuration Details.
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T ETETETEE General | SIP Line Gateway Seftings | SIF Line Gateway Service
+ Core Equipment SIF Line Gateway Application: || Enable gateway service on this node A
- Peripheral Equipment
- IP Metwork
- Nodes: Servers. Media Cards General Virtual Trunk Network Health Monitor

- Maintenance and Reports

- edia Gateways SIP domain name . [ Menitor IP addresses (listed below)

-Zones _ Information will be captured for the IP addresses listed
- Hostand Route Tables SLG endpoint name:|sig below

- Network Address Translation .

- QoS Threshelds SLG Group ID:[551 Manitor IP: | | Add

- Personal Directories

- Unicode Name Directory Monitor addresses:

o TEReES SLG Local Sip Port|5070 (1-65535)
-Engineered Values R
+Emergency Services SLG Local Tls Port |5071 (1-65535) Remove
+ Geaographic Redundancy
+Software SIP Line Gateway Settings

- Customers
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Figure 7 — SIP Line Node Details
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Under the SIP Line Gateway Services section, select MO from the SLG Role list.
- From the SLG Mode list, select $1/S2 (SIP Proxy Server 1 and Server 2).

NERTEL CS 1000 ELEMENT MANAGER

_ UCH Metwork Services ~ Managing: 47.248.100.145 Username: admin
Sysatem » IP Network » IP Telephony Nodes » New IP Telephony Node

- Home

- Links New IP Telephony Node (ID:551)
- Virtual Terminals Step 3: SIP Line Configuration Details.

- System
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General | SIP Line Gateway Seftings | SIP Line Gateway Service
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+Core Equipment SIP Line Gateway Service s
- ﬁ:'egzrtlsgarLEqumem Branch { GR Office Settings:
- Modes: Servers. Media Cards 3LG Role:
- Maintenance and Reports .
- Media Gateways f LG Mode.
- Zones MO 5LG IFv4 address: [47 248,100 236 |
- Host and Route Tables
- Metwaork Address Translation MO SLG IPVE a-:!-:!ress:|
- QoS Thresholds
- Personal Directories MO SLG Port {1 - 65535)
- Unicode Mame Directory :
+Interfaces .
e i vales MO SLG Transport.
+Emergency Senices GR 5LG IPv4 address: (0.0.0.0
+Geographic Redundancy
+Software GR SLG IPvE address:
- Customers
- Routes and Trunks GRSLG Part (1-65528) B
- Routes and Trunks
-D-Channels GRSLG Transport:
- Digital Trunk Interface IVR Settings:
- Dialing and Numbering Plans e - )

- Electronic Switched Metwork
-Flexible Code Restriction

* Required Value.

Figure 8 — SIP Line Node Details (cont.)

[<Elack ] [ Mest = ] [Cancel

- Click Next. The Virtual Trunk Gateway Configuration Details page appears.
- Enter SIP domain name and Gateway endpoint name.

NERTEL CS 1000 ELEMENT MANAGER

~ UCM Hetwork Services ~ Managing: 47.248.100.145 Username: admin

- Home
- Links
= irtual Terminals
- System
+Alarms
- Maintenance
+ Core Equipment
- Peripheral Equipment
- IP Metwork
-Nodes: Servers. Media Cards
-Maintenance and Reports
-Media Gateways
-Zones
-Host and Route Tables
- Network Address Translation
- QoS Thresholds
-Personal Directories
- Unicode Mame Directory
+Interfaces
- Engineered Values
+Emergency Services
+ Geographic Redundancy
+ Software
- Customers
- Routes and Trunks
- Routes and Trunks
-D-Channels
- Digital Trunk Interface
- Dialing and Humbering Plans
- Electronic Switched Metwork
- Flexible Code Restriction
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New IP Telephony Node (ID:551)

Step 4: Virtual Trunk Gateway Configuration Details

General | SIP Gateway Settings | SIP Gateway Services

Virk gateway application: Enable gateway service on this node b
General Virtual Trunk Network Health Monitor —
Virk gateway application: | SIP Gateway (SIPGw) | [ Manitor IP addresses {listed belaw)
SIP domain name: |ca.nurtel.com “ Information will be captured for the IP addresses listed
below
Local SIP port: (3060 “(1-85535) || Mionitor IP- | | Add
Gateway endpoint name: |Cppm7| * || Monitor addresses:
Gateway password: | *
Application node ID:
Enable failsafe NRS: []

PvE v

* Required Value.

Figure 9 — SIP GW Node Details
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- Enter Primary and Secondary TLAN IP addresses NRS for registration.

NERTEL CS 1000 ELEMENT MANAGER

_UCM Network Services A | Managing: 47.245.100.145 Username: admin
B System » [P Network » |IP Telephony Nodes » New IP Telephony Node

- Home
S New IP Telephony Node (ID:551)
- \Virtual Terminals Step 4: Virtual Trunk Gateway Configuration D etails.
- System
+Alarms : :
_ Maintenance General | SIP Gateway Seftings | SIP Gateway Services
+ Core Equipment Proxy Or Redirect Server: A
- Peripheral Equipment Proxy Server Route 1:
- IP Metwork
-Nodes: Servers, Media Cards Primary TLAN IP address:
- Maintenance and Reports The IP address can have either IPv4 or IPvE format based on the value of "TLAN
- Media Gateways address type’
-Zones
-Host and Route Tables Fort (1-83325) B
- Metwork Address Translation
- QoS Thresholds Transport protocol:
-Personal Directories ) . .
—Unicode Name Directory Options: Support registration
+Interfaces [] Prirmary CDS proxy
-Engineered Values
+Emergency Services
+ Geographic Redundancy Secondary TLAM IP address:
+ Software The IP address can have either IPv4 or IPvG format bazed on the value of "TLAN
- Customers address type
- Routes and Trunks
- Routes and Trunks Part: (1 - 65535)
- D-Channels
- Digital Trunk Interface Transport protocol:
- Dialing and Numbering Plans . — . v
SEEIIE S IEES NEL R * Required Valus. [ = Back ] [ Mext = ] [ Cancel ]

- Flexible Code Restriction

Figure 10 — Proxy or Redirect server

- Click Next ->Finish and wait for the configuration to be saved. The Node Saved page
then appears as shown in Figure 11.

NERTEL CS 1000 ELEMENT MANAGER

_UCM Metwork Services # | Managing: 47.243.100.145 Username: admin
Home D | System » IP Network » |P Telephony Nodes » Nods Saved

— Links Node Saved
- Virtual Terminals
- System
+ Alarms MNode ID: 551 has been saved on the call server.

- Maintenance

+ Core Equipment

- Peripheral Equipment

- IP Network
-Modes: Servers. Media Cards [
- Maintenance and Reports

- Media Gat
LS EERETRE ([ Shaw Nodes | You may initiate a transfer manually at a later time.

-Zones
Figure 11- Transfer Configuration

The new configuration must also be transferred to associated servers and media cards.

Transfer Now... ]‘r’ou will be given an option to select individual servers, or transfer to all.

- Click Transfer Now. The Synchronize Configuration Files (Node ID 551) page appears
as shown in Figure 12.
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- Select some or all of the node elements and then click Start Sync to transfer the
configuration files to the selected servers.

NERTEL CS 1000 ELEMENT MANAGER

_UCM Metwork Services | Managing: 47.2458.100.145 Username: admin
—_Home ] System » [P Network » IP Telephony Nodes » Synchrenize Configuration Files
- Links Synchronize Configuration Files (Node ID <551>)
- Virtual Terminals
- System
+Alarms ‘

Mote: Select components to synchronize their configuration files with call server data. This process transfers server [Nl files to selected ‘

X components, and requires a restart® of applications on affected server(s) when complete.
- Maintenance

+ Core Equipment

Start Sync Cancel Restart Applications Print | Refresh
- Peripheral Equipment [ ! ] [ ] [ P ] Erint |
- IF Metwork i Hostname Type Applications Synchronization Status
-Modes: Servers. Media Cards SIP Line LTFS
-Maintenance and Reports ot I\‘I_W;_. FD 3
-Media Gateways i ; way, FU, - ;
_Zones ! wopm? Sionaling_Server Presence Publisher, Sync required
-Hostand Route Tables IP Media Services
~Netwaork Address Translation * Application restart iz only required for initial 2ystem cenfiguration or if changes have been mads to general LAN cenfigurations, SNTP =ettings, SIP and
_Qos Thl’éShOIEIS H323 Gateway =ettings, network connectivity related parameters like ports and IP address, enabling or dizabling services, or adding or removing application
Drrenmn | Diirmmtarine SEMVErs.

Figure 12 — Synchronize Configuration Files

4.5. D-Channel over IP Configuration

- On the EM page, navigate to Routes and Trunks > D-Channels.

- Under the Configuration section, from the Choose a D-Channel Number list, select a D-
Channel number (not shown).

- Under the Configuration section, from the Type list, select DCH. Click Add (not shown).

- From the D channel Card Type (CTYP) list, select D-Channels is over IP (DCIP). Click
Add (not shown).
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- The D-Channels xx Property Configuration page appears, as shown in Figure 13.

- From the Interface type for D-channel (IFC) list, select Meridian Meridianl (SL1).
- Click the Basic options (BSCOPT) link. The Basic options (BSCOPT) list expands.
- Click Edit to configure Remote Capabilities (RCAP).

CS 1000 ELEMENT MANAGER

- UCM Network Services 4 Managing: 47.248.100.455  Username: admin 3
—Home Routes and Trunks » D-Channels » D-Channels 30 Propetty Configuration
-Links .
- Virtual Terminals D-Channels 30 Property Configuration
- System
+Alarms

- Maintenance z = =
+ Core Equipment - Basic Configuration

- Petipheral Equipment Input Description Input Value

- IF Metwork : Q T '
_ Nades: S ervers, MediaCaris Action Device And Humber (ADAN) (TYPE) [0}
- Maintenance and Reports D channel Card Type (CTYP) [
- Media Gateways = =
-Zones Designator (DES) SIFLine
- Host and Route Tables :
- Network Address Translation Recavery to Primary (RCYP) [

- Q0S5 Thresholds

: PRI loop humber for Backup D-channel (BCHL)
- Personal Directories

- Unicode Name Directary User {USR) .Integrated Sewices Signaling Link Dedicated (SL0Y - IR

+Interfaces " - — :

_ Engineered Values Interface type for D-channel {IFC) Meridian Meridian1 (SL1) -

+Emergency Services Country (CNTY) ETS 300=102 basic protocol (ETS) -

+ Geographic Redundancy

+ Software D-Channel PRI loop number (DCHL)
- Customers - B
e TraAKS — Primary Rate Interface (PRI}

- Routes and Trunks Secondary PRI2 loops (PRI2)

-D-Channels

- Digital Trunk Interface Meridian 1 node type (SIDE) Slave to the controller (USR] -

- Dialing and Numbering Plans

= Elssranic Switchad Metaari Release ID of the Switch at the far end (RLS) 5 -
- Flexihle Code Restriction Central Office switch type (CO_TYPE) 100% compatible with Bellcore standard (STD) -
- Incoming Diait Translation i o . ;
_ Phones Integrated Services Signaling Link Maximum {ISLM}) | Range: 1- 4000
i;?ar:grltastes Signaling Server Resource Capacity (SSRC) 1800 Range: 0 - 4000
- Properties (, > | L
b T'D""‘)'Iira“”” Primary D-channel for a backup DCH (PDCH) Range: 0 - 254
+Backup and Restare - PINX customer number {PINX_CUST) -
- Date and Time 3
+Logs and repaorts - Progress signal (PROG) -
- Security - Calling Line ldentification {CLID) i
+Passwaords
+Palicies - Qutput request Buffers (OTBF) 32 =~
b pions - D-channel transmission Rate (DRAT) 56 kb when LCMT is AN (55K) -

- Channel Negotiation option (CNEG) Nﬁ alternative accept.ah\e‘ exc.luswe 1y -

{ Remote Capailities (RCAP)

- B channel Service messaging. (BSRY) [
. e

+Feature Packages

[ submit | [ Refresh |[ Delete |[ cancel |

Figure 13 — SIP D-Channel Property Configuration
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- Figure 14 now appears.

- Select the Message waiting interworking with DMS-100 (MWI) check box. This must be
enabled to support voice mail notification on SIP endpoints.

- Select the Network name display method 2 (ND2) check box. This must be enabled to
support name display between SIP endpoints.

At the bottom of the Remote Capabilities Configuration page, click Return - Remote

Capabilities.

The D-Channel xx Property Configuration page reappears. Click Submit button shown
at the bottom of the page.

NERTEL

CS 1000 ELEMENT MANAGER

Help \ Logout

-UCM Network Services *  Managing: $7.248.100.155 Username: acdmin -
—Home Routes and Trunks » D-Channels » D-Channels 30 Property Configuration » - Remote Cay Configuration
-Links
- virtual Tarminals - Remote Capabilities Configuration
-System
+Alarms
- Maintenance Input Description Input Value

+ Core Equipment
- Petipheral Equipment
—IP Metwark
- Modes: Servers, Media Cards
-Maintenance and Reports
- Media Gateways
-Zones
-Hostand Route Tahles
- Network Address Trans|ation
- @08 Threshalds
-Personal Directaries
- Unicode Marme Directory
+Interfaces
- Engineered VYalues
+Emergency Services
+Geographic Redundancy
+ Software

m

Basic rate interface (BRl) [

Call completion on busy using integer value {(CCBly [

Call completion on busy using object identifier (CCBO) [

Call completion on busy for QSIG and EurolSDN BRI (CCBS) [7]
Call completion on no response using integer value {(CCNIy [7]
Call completion on ho response using object identifier (CCHO) [
Call completion to no reply for QSIG and EurolSDN BRI {CCNR) 7]
Network call park {(CPK) []

Connected line identification presentation {(COLP) [

Call transfer integer (CTI [7]

Call transfer ohject (CTO) [7]

-Customers iy . .

SR — Drsersion info. is sent using integer value (DV1ly [
- Routes and Trunks Diversion info. is sent using object identifier (DV10) [
-D-Channels

- Digital Trunk Intetface
- Dialing and Numbering Plans
- Electronic Switched Network
- Flexible Code Restriction
= Incorning Digit Translation
-Phones

Rerouting requests processed using integer value (DV2l [
Rerouting requests processed using object identifier (Dv20) [
Diversion info. sent. rerouting requests processed (DV3h [
EurolSDN - div. info sent. rerouting req. processed (DW30) [
Call transfer notification and imwocation to EurolSDN (ECTO) [

-Templates

-Reports Malicious call identification (MCID} [

- Properties % =

B MCDHN QSIG conversion (MQC) [7]
~Tools Remote D-channel is oh a MSDL card (MSL) []

+Backup and Restore
- Date and Tirme
+Logs and reports

{(Message waiting interworking with DMS-100 (A1) 7] |
Network access data (NAC) [

[ S?jcurily 4 Network call trace supported (NCT) [
+Paggwords
+Palicies Network name display method 1 (ND1) [7]

+Login Options

(' Network name display method 2 (ND2) [7] ]
Network name display method 3 (ND3) [7]

Name display - integer ID coding (NDI} [

Name display - object ID coding (NDO) [

Path reptacement uses integer values (PRI [

Path replacement uses object identifier (PRO) [

Release Link Trunks over IP (RLTI} [

Remote virtual queuing (RYQ) [

Trunk anti-tromboning operation (TAT) [7]

User to user senvice 1 (UUS1) []

NI-2 name display option. (NDS) [~

Message waiting indication using integer values (QMWT) [
Message waiting indication using object identifier (QMWO) [
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[ Return - Remote Capabiliies || cancer |

m
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4.6. Application Module Link (AML) over Embedded LAN (ELAN)
Configuration for SIP Line

- On the EM page, navigate to System —> Interfaces > Application Module Link.

- Click Add to add an Application Module Link (not shown). New Application Module
Link page as shown in Figure 15 appears.

- Enter AML port in the Port number text box. The SIP Line Service can use ports 32 to
port 127. In this case, SIP Line Service is configured to use port 32.

- Click Save to save the configuration.

NEORTEL CS 1000 ELEMENT MANAGER Help | Logout
- UCHM Network Services * Managing: 47.248.100.155  Username: admin
—Home System » Interfaces » Application Module Link » Mew Application Module Link
-Links
- Virtual Terminals New Application Module Link
- System L
+Alarms 3

- Maintenance

+ Core Equipment Portnumber: 32 = g.12m

- Peripheral Equipment AML over ELAN

+ 1P Metwork | & e .

hnaiee Description: SIFLine
- &pplication Madule Link [T Link control systermn parameters
-alue Added Server
- Prapery Management Syster Waxirmum octets - [517 -

- Engineered Yalues
+Emergency Services
+ Geographic Redundancy

+ Software
- Cust
—Rzutg;n:rrljl Trunks . E
4| — '-EI- | » Copyright @ 2002-2010 Mortel Metworks. &l rights reserved.
Figure 15 — Application Module Link Configuration
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4.7. Value Added Server (VAS) Configuration for SIP Line

- On the EM page, navigate to System > Interfaces 2 Value Added Server.

- Click Add to add new Value Added Server (not shown). The Add Value Added Server
page appears.

- Click on the Ethernet LAN Link.

- Enter the Ethernet LAN Link number in the Ethernet LAN Link text box.

- Ensure that the Application Security check box is unchecked.

- Click Save.

NERTEL CS 1000 ELEMENT MANAGER Help | Logot
- Conference/TOSMultifteguen . Managing: 47.248.100.155 Username: admin
- Tane Senders and Detectors System » Interfaces » Yalue Added Server » Edit alue Added Server 032

- Peripheral Equipment

- IP Metwork

_Nodes: Servers Mediacarss £t Value Added Server 032
- Maintenance and Reports

- Media Gateways

-Zones

- Host and Route Tables i Ethemet SN iRl )
- Network Address Translation ELAN port configured in ADAN
- @03 Threshalds (ot Tt
Application Security :
- Pergonal Directoties i t @
- Unicode Mame Directory Interval: 1 -
e Time interval for shedking the link for overload in five second increments
- Application Module Link
-Yalue Added Server Message Count Threshold: 3939 = {10-0009)

- Property Management Systerr
-Engineered Yalues
+Emergency Services
+Geagraphic Redundancy
+Software Save Cancel

o (5= |
-Routes and Trunks
- Routes and Trunks
-D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans i
- Electronic Switched Metwark
- Flexible Cade Restriction
-Incoming Digit Translation

m

-Phones
- Templates
—Repor‘t§ 5
4 |_‘_%i r Copytid =, Bl Fights reserved
Figure 16 — Value Added Service for Application Module Link
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4.8. Virtual Trunk Zone Configuration

On the EM page, navigate to System —> IP Network 2 Zones.

On the Zones page, select Bandwidth Zones (not shown).

On the Bandwidth Zones page, select a Bandwidth Zone number from the list, and click
Add (not shown).

On the Zone Basic Property and Bandwidth Management page as shown in Figure 17,
set the zone properties based on bandwidth availability. It is recommended to set the
Zone Strategy to Best Quality (BQ).

From the Zone Intent (ZBRN) list, select VTRK (VTRK).

. .
Click Submit.
CS 1000 ELEMENT MANAGER el gt
- UCM Network Services “  Managing: 47.248.100.155 Username: : adimin 3
_Hume System » IF Network » Zones » Bandwidth Zones » Bandwidth Zones 254 » Zone Basic Property and Bandwidth Managemert
-Links - -
~ virtual Terminals Zone Basic Property and Bandwidth Management
- System
+Alarms
INEN AN 3
+ Core Equipment
- Peripheral Equipment Zone Number (ZONE): |
- IP Metwork _
— Nodes: Servers, Media Cards Intrazone Bandwicdth (INTRA_BW): 100000 L
apsinan e g Intrazone Strategy (INTRA_STGY): BestQuality (8G)  ~
-Zanes Interzone Bandwidth (INTER_BWW): 100000
—-Hostand Route Tables
- Metwork Address Translation Interzone Strategy (INTER_STGY): Best Guality (BG) -
- Qo5 Thresholds
— Personal Directories Resource Type (RES_TYPE): Shared (SHARED) «
—Unicode Mame Directory s v
_Interfaces Zone Intent (ZBRN): VTRIK (WTRK)
-Application Module Link Description (ZDES):

—¥alue Added Server
- Property Management Systerr

- Engineered Values [ Submit | [ Refresh | [ Delete | [ Cancel |
+Emergency Senices N

sranaramnbic Dadundanee

Flgure 17 _ Virtual Trunk Zone Configuration

. SIPGW & SIP Line Route Data Block (RDB) Configuration

On the EM page, navigate to Routes and Trunks = Routes and Trunks.
Click Add to select a customer number (not shown).
On the Customer xx, New Route Configuration page, from the Route number (ROUT)
list, select a route number (not shown).
From the Trunk type (TKTP) list, select TIE trunk data block (TIE).
When Trunk Type (TKTP) is selected, the following options appear:

e Trunk type M911P (M911P)

e The route is for a virtual trunk route (VTRK)

e Digital trunk route (DTRK)

e Integrated services digital network option (ISDN)
From the Incoming and outgoing trunk (ICOG) field, select Incoming and Outgoing
(I1A0).
In the Access code for the trunk route (ACOD) field, enter the access code.
Select The route is for virtual trunk route (VTRK) check box.
In the Zone for codec selection and bandwidth management (ZONE) field, enter the
zone number. (Use the same zone as configured in 4.8 “Virtual Trunk Zone
Configuration”)
In the Node ID of signaling server of this route (NODE) field, enter the node ID of the
SIP Line Gateway.
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- From the Protocol ID for the route (PCID) list, select SIP Line (SIPL).
- Select the Integrated services digital network option (ISDN) check box.
- From the Mode of operation (MODE) list, select Route uses ISDN Signaling Link

(ISLD).

- Inthe D channel number (DCH) ficld, enter the D-channel number.

- From the Interface type for route (IFC) list, select Meridian M1 (SL1).

- Ensure the Network calling name allowed (NCNA) and Insert ESN Access Code (INAC)
check boxes are selected.

- For the Basic Route Options, Network Options, General Options, and Advanced
Configurations sections. The default values were used.

- Click Submit.

CS 1000 ELEMENT MANAGER

Help | Logout

- UCM Network Services
-Home
-Links
- ¥irtual Terminals
- System
+Alarms
- Maintenance
- Core Equipment
-Loops
- Superloops
-MSDLUMISP Cards
- Conference/TDSMultifreguen
-Tone Senders and Detectors
- Peripheral Equipment
= IP Metwork
- Modes: Servers, Media Cards)
- Maintenance and Reports
- Media Gateways
-Zohes

= Managing: 47.248.100.155 |sername: admin

m

- Host and Route Tables
- Metwork Address Translation
- @0S Thresholds
- Personal Directories
- Unicode Mame Directory
- Intetfaces
- Application Module Link
-¥alue Added Server
- Property Management Systern
- Engineered Walues
+ Emergency Services
+ Geographic Redundancy
+ Software
- Customers
- Routes and Trunks
- Routes and Trunks
- D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans
- Electronic Switched Metwark
- Flexihle Code Restriction
- Incoming Digit Translation
- Phones
-Templates
- Repors
- Propetties
- Migration
- Tools
+ Backup and Restore
- Date and Time
+ Logs and reporis
-Security
+Passwords
+Folicies
+ Login Options
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Routes and Trunks » Routes and Trunks » Customer 0, Route 30 Property Configuration

Customer 0, Route 30 Property Configuration

-Basic Configuration

Route data block (RDB) (TYPE) Fi0

Customer humber (CUST)

Route number (ROUT)

Designator field for trunk (DES)

Trunk type (TKTP)

Incoming and outgoing trunk {ICOG)
Access code for the trunk route (ACOD)
Trunk type M911P {M211P)

The route is for a virtual trunk route (WVTRK)

- Zone for codec selection and bandwidth
management (ZONE)

- Node ID of signaling server of this route
{NODE)

- Protocol ID for the route {PCID)

Integrated services digital network option {ISDN)
- Mode of operation (MODE)

- D channel number (DCH)

- Interface type for route {IFC)

- Private network identifier (PNI}

- Network calling name allowed (NCNA) |3

- Network call redirection {NCRD)
- - Trunk route optimization (TRO)

- Recognition of DTI2 ABCD FALT signal for ISL
{FALT)

- Channel type (CHTY)
- Call type for outgoing direct dialed TIE route
{CTYP)
- Insert ESN access code (IMAC)
- Integrated service access route (ISAR)
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{ Subrnit ” Refresh ][ Delete ]I Cancel ]
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8601
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=]
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=
=
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=
=
0

Figure 18 —SIP & SIP Line Route Configuration
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. SIPGW & SIP Line Virtual Trunk Configuration

On the EM page, navigate to Routes and Trunks > Routes and Trunks.

Select the customer for which you are configuring Virtual Trunks.

Click Add trunk associated with the route listing to add new trunk members.

The Customer xx, Route yy, New Trunk Configuration Web page appears.

Choose Multiple trunk input number (MTINPUT) if you are using more than one trunk.
From the Trunk data block (TYPE) list, select IP Trunk (IPTI).

In the Terminal Number (TN) ficld, enter a TN.

Enter a Route number, Member number (RTMB).

Enter a Trunk Group Access Restriction (TGAR) value.

In the Channel ID for this trunk (CHID) field, enter a channel ID (where the range is 1
to 382).

To specify a Class of Service (CLS) for the trunk, click Edit. The Class of Service
Configuration Web page appears (not shown).

Select a Class of Service (not shown).

Click Return Class of Service to return to the New Trunk Configuration Web page (not
shown).

Select Basic Configuration. The Basic Configuration list expands as shown in Figure
19.

From the Start arrangement Incoming (STRI) list, select a value for the start
arrangement for incoming calls.

From the Start arrangement Outgoing (STRO) list, select a value for the start
arrangement for outgoing calls.

Select Advanced Trunk Configurations. The Advanced Trunk Configurations list
expands (not shown).

Configure Network Class of Service group (NCOS).

Click Save.

CS 1000 ELEMENT MANAGER Help | Logout

+Interfaces
- Engineered Values

S LiTBIORNG HOES . Designator field for trunk (DES;
+ Geographic Redundancy DES)SIRLING
+ Software Extended Trunk (XTRK)
- Customers
Bt At THOKS | Route number, Member number (RTMB) 30 1
- Routes and Trunks " "
—-D-Channels Level 3 Signaling (SIGL) =
- Digital Trunk Interface Card Density (CDEN) | 0
- Dialing and Numbering Plans =
_ Elecironic Switched Metwark Start arrangement Incoming (STRI) Imrediate (MM} - 3
- Flexible Code Restriction Start arrangement Outgoing (STRO) Irmmediate (MM} -
- Incoming Digit Translation =
-Phones | Trunk Group Access Restriction (TGAR) [
- Templates
_ Repoprts Channel ID for this trunk. (CHID) 1
7 ;TSE:JSES Increase or decrease the member numbers {INC) Increase channel and member number (¥ES)
-Tools Class of Service (CLS) | Edit

+

+

- Security Save II Celete H Cancel ]

+

+

Login Options ) -

+

ZEZLTLQSZTJi:,?S“ Reports . customer 0, Route 30, Trunk 1 Property Configuration 9

-Zones
-Hostand Route Tahles
- Metwork Address Translation -Basic Configuration

- QoS3 Thresholds Input Description Input Value
- Personal Directories
- Unicode Mame Directory Trunk data block (TYPE)

Terminal Number (TN) 100

Backup and Restore
Date ahd Time
Logs and repors

+Advanced Trunk Configurations

Passwords
FPolicies L3 o

1

Flgure 109—SIPGW& SIP Line Trunk Configuration
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4.11. Unistim & SIP Line Phones Configuration

Following is a sample configuration for a SIP Line endpoint. Depending on supported features
and service access level of the user, this configuration can be adjusted accordingly.

>LD 11

REQ: prt

TYPE: tnb

TN 96 0 1 27
DATE

PAGE

DES

DES POLYCO
TN 096 0 01 27 VIRTUAL
TYPE UEXT
CDEN 8D
CTYP XDLC
CUST O
UXTY SIPL
MCCL YES
SIPN 1 <& Set this to 1 and set SIP3 to 0 if this TN is reserved for
Nortel SIP Phones
SIP3 0 €& Set this to 1 and set SIPN to 0 if this TN is reserved for
third party SIP Phones
FMCL O
TLSV O
SIPU 55573
NDID 551
SUPR NO
SUBR DFLT MWI RGA CWI MSB
UXID
NUID
NHTN
CFG_ZONE 001
CUR_ZONE 001
ERL
ECL O
FDN 55576 € If CLS FNA is equipped, call will be forwarded no answer to
this number
TGAR O
LDN NO
NCOS 0
SGRP 0
RNPG 2
PUA)
SCI O
SSU
XLST
SCPW 1234
SEFLT NO
CAC_MFC 0
CLS UNR FBA WTA LPR PUA MTD FNA HTA TDD HFA CRPD
MWA LMPN RMMD SMWD AAD IMD XHD IRD NID OLD VCE DRG1

€ This field must be set first if call pickup is equipped (CLS
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POD DSX VMD SLKD CCSD SWD LND CNDA

CFTD SFD MRD DDV CNIA CDCA MSID DAPA BFED RCBD
ICDD CDMD LLCN MCTD CLBD AUTU

GPUA DPUA DNDA CFEFXA ARHD CLTD ASCD

CPFA CPTA ABDD CFHD FICD NAID BUZZ AGRD MOAD

UDI RCC HBTD AHA IPND

DRDD EXRO
USMD USRD ULAD CCBD RTDD RBDD RBHD PGND FLXD FTTC DNDY DNO3 MCBN
FDSD NOVD VOLA VOUD CDMR ICRD MCDD T87D MSNV FRA PKCH

CPND_ LANG ENG

DDGA NAMA MIND PRSD NRWD NRCD NROD

RCO O
HUNT 55576 € If CLS HTA/FBA is equipped, call will be forwarded busy to this
number
LHK O
PLEV 02
DANI NO
AST
IAPG O
AACS NO
ITNA NO
DGRP
MLWU_ LANG 0
MLNG ENG
DNDR O
KEY 00 SCR 55573 0 MARP
CPND
CPND_ LANG ROMAN
NAME M 55573
XPLN 13
DISPLAY FMT FIRST,LAST
01 HOT U 2655573 MARP O
02 SCU 0004 & Speed Call User
03
04 MSB €& This key can be different than key 04 to enable Make Set Busy
(MBS) feature
05
06
07
08
09
10
11
12
13
14
15
16
17 TRN
18 AO6
19 CFW 16 55574
20 RGA
21 PRK
22 RNP
23
24 PRS
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25 CHG
26 CPN
27
28
29
30
31

4.12. PSTN Trunk Configuration (emulated by CS1000 6.0)

Following is a sample configuration which was used during the compliance test. For more
information about PRI Trunk Configuration, see [3].

Procedure summary
This procedure is applied for both the CS1000 system under test and CS1000 PSTN simulator.

No. | Overlay Action

1 LD 17 | Adding a PRI card

2 LD 17 | Adding a PRI D-Channel

3 LD 15 Defining a PRI customer

4 LD 16 | Defining a PRI service route

5 LD 14 | Defining service channels and PRI
trunks

6 LD 73 Defining system timers and clock
controller

7 LD 48 Enable TMDI or PRI MSDL card

8 LD 60 | Enable Clock Controller

9 LD 60 Enable Digital trunk loop

10 [ LD 96 Enable D-channel

QT; Reviewed:
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Adding a PRI card
The programming example below shows how to add a PRI card using LD 17. For all other fields
not listed in the example press RETURN to use default values.

Prompt Response Description

REQ CHG Change data.

TYPE CFN Configuration data block.
CEQU YES Changes to common equipment.
DLOP 3 Digital Trunk Interface Loop
MG CARD [ 1203 MG card assigned to super loop.
MODE PRI Mode of operation

TMDI YES Card is TMDI card

TRSH 0 Threshold

Adding a PRI D-channel
The programming example below shows how to add a PRI D-channel using LD 17. For all other
fields not listed in the example press RETURN to use default values.

Prompt Response Description

REQ CHG Change existing data

TYPE CFN Configuration data block.

ADAN NEW DCH | Add a primary D-channel (any unused SDI port.)

3

xx = 1-9 for Option 11C main cabinet, 11-19 for IP
expansion cabinet 1, 21-29 for IP expansion cabinet 2, 31-
39 for IP expansion cabinet 3, and 41-49 for IP expansion
cabinet 4.
Xx = 11-14, 21-24, 31-34, 41-44 of the first, second, third
and fourth Media Gateway, respectively.
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CTYP TMDI Card type where:

MSDL = The NTBK51BA Downloadable D-Channel
Daughterboard.

TMDI = TMDI (NTRB21) card.

DES T1 QSIG Designator field.

USR PRI D-channel is for ISDN PRI only.
Note: 2.0 Mb only supports PRI or SHA user

IFC ISGF Interface type.

DCHL 3 PRI card number carries the D-channel. Must match entry
made for the "CDNO" associated with the "DCHI" prompt
above.

Where: xx = 1-9 for Option 11C main cabinet, 11-19 for IP
expansion cabinet 1, 21-29 for IP expansion cabinet 2, 31-
39 for IP expansion cabinet 3, and 41-49 for IP expansion
cabinet 4.

xx = 11-14, 21-24, 31-34, 41-44 of the first, second, third
and fourth Media Gateway, respectively.

SIDE NET NET = network, the controlling switch (applied for CS1000
PSTN simulator

USR = slave to the controller (applied for CS1000 system
under test)

REL. 5 Software rel. of far-end. This is the current software rel. of
the far-end. If the far-end has an incompatible rel. of
software, it prevents the sending of application messages,
for example, ’Network Ring Again.

RCAP CCBI CCNI | Remote Capabilities.
PRIDV3I
CTIQMWI

PR TRIGS | DIV 23 Path Replacement Triggers

PR_TRIGS | CNG 2 3
PR_TRIGS | CON 2 3
PR_TRIGS | CTR22 3
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Defining a PRI customer
The programming example below shows how to define a PRI customer using LD 15. For all
other fields not listed in the example press RETURN to use default values.

Prompt Response Description

REQ CHG Change existing data.

TYPE CDB Customer data block.

CUST 0 Customer number.

ISDN YES Customer is equipped with ISDN.

Defining a PRI service route
The programming example below shows how to add a PRI service route using LD 16. For all
other fields not listed in the example press RETURN to use default values.

Prompt Response Description

REQ NEW Create new data

TYPE RDB Route data block

CUST 0 Customer number

ROUT 3 Route number

DES T1 _QSIG Designator field for trunk

TKTP TIE Trunk type

DTRK YES Digital trunk route

ISDN YES ISDN option

MODE PRI Route used for PRI only

PNI 1 Customer private network identifier. Is the same as the CDB
PNI at far-end.

IFC ISGF Interface type.

ICOG IAO Incoming and outgoing

ACOD 8010 Trunk access code
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Defining service channels and PRI trunks
The programming example below shows how to create service channels and PRI trunks using
LD 14. For all other fields not listed in the example press RETURN to use default values.

Prompt Response Description

REQ NEW 23 Create 23 new trunks

TYPE Tie Trunk type

TN 31 Loop (card) and channel number for digital trunks
PCML MU System PCM law.

DES T1 QSIG Designator field for trunk

CUST 0 Customer number

RTMB 31 Service route number and trunk member number
CLS UNR DTN | Trunk Class Of Service

Defining system timers and clock controller parameters

Note: This step is only applied for the CS1000 PSTN simulator system which keeps the clock
controller.

The programming example below shows how to define system timers and clock controller
parameters using LD 73. For all other fields not listed in the example press RETURN to use
default values.

Prompt Response Description

REQ CHG Change data.

TYPE DDB Digital Data Block

MGCLK (401 Card slot number for Media Gateway 4 0

PREF Card number of PRI/DTI/SILC or DTI2/PRI2/SILC
containing the primary clock reference.

SREF Card number of PRI/DTI/SILC or DTI2/PRI2/SILC
containing the primary clock reference.

Enabling T1 QSIG Service
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Enable TMDI card
The example below shows how to enable TMDI card using LD 48.

>Id 48
LNKO000
.enltmdi 4 0 1 fdl

OK

Enable Clock Controller
The example below shows how to enable clock controller using LD 60.

>Id 60
DTIO000

.enlcc4 0
.OK

Enable PRI loop
The example below shows how to enable PRI loop using LD 60.

>1d 60
DTIO000
.enll 3

OK

Enable D-Channel
The D-Channel may not automatically come up. The example below shows how to enable PRI
D-channel using LD 96.

>]d 96
DCHO000
.enl dch 3

DCH: 3 EST CONFIRM TIME: 14:31:53 16/07/2010

DCH 3 UIPE_ OMSG CC_RESTART_ REQ REF 00000000 CH 0 TOD 14:31:53 CK
D7847B49

TYPE: ALL CHANNEL

DCH 3 UIPE IMSG CC_RESTART CONF REF 00008000 TOD 14:31:53 CK D7847BB3
TYPE: ALL CHANNEL

QT; Reviewed: Solution & Interoperability Test Lab Application Notes 27 of 61
SPOC 9/7/2010 ©2010 Avaya Inc. All Rights Reserved. M3KCS1000R7




4.13. Define CS1000 and AudioCodes Mediant 3000 on NRS/SPS

This section describes how to create SIP Domain and how to add a SIP gateway endpoint to the
domain in NRS. (Do the same in SPS)
Launch the web GUI of NRS using Internet Explorer by browsing to the TLAN address of NRS.
On the left menu column, click on Domains and the domains detail page will appear as shown in
Figure 20. Choose "Standby database" mode by clicking on radio circle box.
- Choose Service Domains tab and click Add (Figure 20 below), input domain name then
click Save (not shown)
- Choose L1 Domain (UDP) tab with appropriate Service Domain in Filter by Domain
check box then click Add, input L1 Domain name then click Save (not shown)
- Choose L0 Domain (CDP) tab with appropriate Service Domain and L1 Domain in
Filter by Domain check box then click Add, input LO Domain name then click Save (not

shown)
NERTEL NETWORK ROUTING SERVICE MANAGER Helo
«UCHM Network Services O Active database 47.248.100.134
- System IManaging:
MRS Server @ standby database Numbering Plans » Domains
Database
System Wide Settings Domains
- Numbering Plans Domains establish the basic structure of your converged netwark, defined by Service domains, L1 (UDP) and LO (CDP) domains
Domains
Endpoints S r F =
——- Service Domains (1) L1 Domains (UDP) (1) L0 Domains (CDP) (1)
outes
Metwork Post-Translation - T
Collaborative Servers ===
- Tools I | Domain Mame+ Description # of L1 Domains # of L0 Domains # of Gateway Endpointe
SIP Phone Context <[] norel-dolab.com nortel-dplab.com 1 1 2
- Routing Tests
H.323
SIP
Backup
Restore
GKINRS Data upgrade 1-1 of 1 Service Domainis) Page 1 0f 1 First]| Previous|

Figure 20: Numbering Plans: domains

Choose "Endpoints" and select appropriate Domain in “limit result to Domain box™ then click
Add (see Figure 21 below), input End point name, enable SIP support with appropriate transport
protocol then save (not shown).

NERTEL NETWORK ROUTING SERVICE MANAGER Help.
- ztftﬂr:emork Services Managing O Active databass 47.248.100.134
NRS Server @ Sstandby database Numbering Plans » Endpeints

Database
System Wvide Settings

- Numbering Plans
Domains

Search for Endpoints

ESTEaGES Enter an endpaint ID (use * for all} and click Search.You may narrow the search by specifying a particular damain
Routes
et S ]
Collaborative Servers Endpaint ID:
- Tools
SIP Phone Context Limit results to Domain: [ nertel-dplab.com [~ ; [udp ~]| i [edp 3
~ Routing Tests
H.323 Results per page .S
sIP
Backup F -
Gateway Endpoints (2) | User Endpoints (0
Rectore Y P (2) P (0)
ELEE RO Add_ Delete |  SIP phone context

# of Routing

Entries SCIED

- D~ Supported Pratocols SIP mode Call Signaling 1P Description

O M3K Eénsalnu: SIP endpoint / Proxy Mode Mot available 2 E;de\—dn\ah com /L
2] copm? Eyc';nsamu: SIP endpoint / Proxy Mode Mot available s EsSEPdU\ab com /L
Figure 21: Numbering Plans: Endpoints
Go to System-> Database-> Click on ‘Cut over’ then click on ‘Commit’ button.
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5. Configuration for AudioCodes Mediant 3000

The AudioCodes Mediant 3000 was tested with the AudioCodes software load 6.00A.020.002.
An example of a Mediant 3000 configuration file used during testing can be found in the
Appendix. The configuration of the Mediant 3000 was changed based on the specific
requirements of the test cases. For example, the trunk protocol type was changed for specific test
cases (T1_QSIG versus T1 NI2 ISDN).

The configuration file below shows an example of a possible Mediant 3000 configuration. This
file should not be used to directly configure the Mediant 3000 in the field.

5.1. Configure file: BOARD.INI
;**************

;¥* Ini File **
o Sk sk skeoskeoske sk sk sk sk sk sk sk sk sk
b

;Board: Mediant 3000

;M3K Board Type: TrunkPack 6310

;Serial Number: 698647

;Slot Number: 1

;Software Version: 6.00A.020.002

;DSP Software Version: 491096AE3 => 600.17

;Board IP Address: 47.248.100.110

;Board Subnet Mask: 255.255.255.224

;Board Default Gateway: 47.248.100.97

;Ram size: 512M Flash size: 32M

;Num of DSP Cores: 126 Num DSP Channels: 2016

;Profile: NONE

;Key features:;Board Type: Mediant 3000;SS7 Links: MTP2=8 MTP3=8 M2UA=8 M3UA=8
;Channel Type: RTP ATM PCI DspCh=2016 ;Security: IPSEC MediaEncryption
StrongEncryption EncryptControlProtocol ;PSTN Protocols: ISDN I[UA=63 CAS ;DSP Voice
features: EC128mSec IpmDetector ;IP Media: Conf ;PSTN STMI\SONET Interface
Supported;PSTN T3 Interfaces=3;Coders: G723 G729 G728 NETCODER GSM-FR GSM-EFR
AMR EVRC-QCELP G727 H264 MPEG4 EG711 ;Control Protocols: MGCP MEGACO H323
SIP ;Default features:;Coders: G711 G726;

2

[SYSTEM Params]

SyslogServerIP = 47.248.100.57

EnableSyslog = 1

NTPServerIP = 47.248.100.110
ENABLEPARAMETERSMONITORING = 1
ActivityListToLog = 'pvc', 'afl’, 'dr', 'fb', 'swu', 'ard', 'naa’, 'spc'
TLSVersion =1
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[BSP Params]

PCMLawSelect =3

TDMBusClockSource = 4
LocalMediaDefaultGW = 47.248.100.97
LocalMedialPAddress = 47.248.100.110
LocalMediaSubnetMask = 255.255.255.224
LocalControlIPAddress = 47.248.100.110
LocalControlSubnetMask = 255.255.255.224
LocalOAMIPAddress = 47.248.100.110
LocalOAMSubnetMask = 255.255.255.224
LocalOAMDefaultGW = 47.248.100.97

[ControlProtocols Params]

AdminStateLockControl =0

[MGCP Params]

[MEGACO Params]

EP Num 0=0
EP Num 1=1
EP Num 2=0
EP Num 3=0
EP Num 4=0

[PSTN Params]

ProtocolType 0 =23
ProtocolType 1 =23
ProtocolType 2 =23
ProtocolType 3 =10
ProtocolType 4 =23
ProtocolType 5 =23
ProtocolType 6 =23
ProtocolType 7 =23
ProtocolType 8 =23
ProtocolType 9 =23
ProtocolType 10 =23
ProtocolType 11 =23
ProtocolType 12 =23
ProtocolType 13 =23
ProtocolType 14 =23
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ProtocolType 15 =23
ProtocolType 16 =23
ProtocolType 17 =23
ProtocolType 18 =23
ProtocolType 19 =23
ProtocolType 20 =23
ProtocolType 21 =23
ProtocolType 22 =23
ProtocolType 23 =23
ProtocolType 24 =23
ProtocolType 25 =23
ProtocolType 26 =23
ProtocolType 27 =23
ProtocolType 28 =23
ProtocolType 29 =23
ProtocolType 30 =23
ProtocolType 31 =23
ProtocolType 32 =23
ProtocolType 33 =23
ProtocolType 34 =23
ProtocolType 35 =23
ProtocolType 36 =23
ProtocolType 37 =23
ProtocolType 38 =23
ProtocolType 39 =23
ProtocolType 40 =23
ProtocolType 41 =23
ProtocolType 42 =23
ProtocolType 43 =23
ProtocolType 44 =23
ProtocolType 45 =23
ProtocolType 46 =23
ProtocolType 47 =23
ProtocolType 48 =23
ProtocolType 49 =23
ProtocolType 50 =23
ProtocolType 51 =23
ProtocolType 52 =23
ProtocolType 53 =23
ProtocolType 54 =23
ProtocolType 55 =23
ProtocolType 56 =23
ProtocolType 57 =23
ProtocolType 58 =23
ProtocolType 59 =23
ProtocolType 60 =23
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ProtocolType 61 =23
ProtocolType 62 =23
ProtocolType 63 =23
ProtocolType 64 =23
ProtocolType 65 =23
ProtocolType 66 =23
ProtocolType 67 =23
ProtocolType 68 =23
ProtocolType 69 =23
ProtocolType 70 =23
ProtocolType 71 =23
ProtocolType 72 =23
ProtocolType 73 =23
ProtocolType 74 =23
ProtocolType 75 =23
ProtocolType 76 =23
ProtocolType 77 =23
ProtocolType 78 =23
ProtocolType 79 =23
ProtocolType 80 =23
ProtocolType 81 =23
ProtocolType 82 =23
ProtocolType 83 =23
FramingMethod = D

TrunkAdministrativeState 0 =0
TrunkAdministrativeState 1 =10
TrunkAdministrativeState 2 =2
TrunkAdministrativeState 3 =2
TrunkAdministrativeState 4 =0
TrunkAdministrativeState 5 =10
TrunkAdministrativeState 6 =0
TrunkAdministrativeState 7 =0
TrunkAdministrativeState 8 =0
TrunkAdministrativeState 9 =
TrunkAdministrativeState 10 =0
TrunkAdministrativeState 11 =0

TrunkAdministrativeState 12 =0
TrunkAdministrativeState 13 =0
TrunkAdministrativeState 14 =0
TrunkAdministrativeState 15 =0
TrunkAdministrativeState 16 =0
TrunkAdministrativeState 17 =0
TrunkAdministrativeState 18 =0
TrunkAdministrativeState 19 =0
TrunkAdministrativeState 20 =0
TrunkAdministrativeState 21 =2
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TrunkAdministrativeState 22 =2
TrunkAdministrativeState 23 =2
TrunkAdministrativeState 24 =2
TrunkAdministrativeState 25 =2
TrunkAdministrativeState 26 =2
TrunkAdministrativeState 27 =2
TrunkAdministrativeState 28 =2
TrunkAdministrativeState 29 =2
TrunkAdministrativeState 30 =2
TrunkAdministrativeState 31 =2
TrunkAdministrativeState 32 =2
TrunkAdministrativeState 33 =2
TrunkAdministrativeState 34 =2
TrunkAdministrativeState 35 =2
TrunkAdministrativeState 36 =2
TrunkAdministrativeState 37 =2
TrunkAdministrativeState 38 =2
TrunkAdministrativeState 39 =2
TrunkAdministrativeState 40 =2
TrunkAdministrativeState 41 =2
TrunkAdministrativeState 42 =2
TrunkAdministrativeState 43 =2
TrunkAdministrativeState 44 =2
TrunkAdministrativeState 45 =2
TrunkAdministrativeState 46 =2
TrunkAdministrativeState 47 =2
TrunkAdministrativeState 48 =2
TrunkAdministrativeState 49 =2
TrunkAdministrativeState 50 = 2
TrunkAdministrativeState 51 =2
TrunkAdministrativeState 52 =2
TrunkAdministrativeState 53 =2
TrunkAdministrativeState 54 =2
TrunkAdministrativeState 55 =2
TrunkAdministrativeState 56 = 2
TrunkAdministrativeState 57 =2
TrunkAdministrativeState 58 =2
TrunkAdministrativeState 59 =2
TrunkAdministrativeState 60 =2
TrunkAdministrativeState 61 =2
TrunkAdministrativeState 62 =2
TrunkAdministrativeState 63 =2
TrunkAdministrativeState 64 =2
TrunkAdministrativeState 65 =2
TrunkAdministrativeState 66 =2
TrunkAdministrativeState 67 =2
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TrunkAdministrativeState 68 =2
TrunkAdministrativeState 69 = 2
TrunkAdministrativeState 70 =2
TrunkAdministrativeState 71 =2
TrunkAdministrativeState 72 =2
TrunkAdministrativeState 73 =2
TrunkAdministrativeState 74 =2
TrunkAdministrativeState 75 = 2
TrunkAdministrativeState 76 =2
TrunkAdministrativeState 77 = 2
TrunkAdministrativeState 78 =2
TrunkAdministrativeState 79 = 2
TrunkAdministrativeState 80 =2
TrunkAdministrativeState 81 =2
TrunkAdministrativeState 82 =2
TrunkAdministrativeState 83 =2
PSTNTransmissionType = 2

[SS7 Params]

[Voice Engine Params]

CallProgressTonesFilename = 'M2k usa tones.dat'
V21ModemTransportType = 2
DTMFDetectorSensitivity = 1

[WEB Params]

LogoWidth = '145'
HTTPSCipherString = 'ALL'
ScenarioFileName = 'SCENARIO.dat'

[SIP Params]

PLAYRBTONE2IP =1
REGISTRATIONTIME = 3600
ISPROXYUSED =1
ISREGISTERNEEDED = 1
AUTHENTICATIONMODE =1
SIPDESTINATIONPORT = 5060
PLAYRBTONE2TEL =1
ROUTEMODEIP2TEL =1
ROUTEMODETEL2IP = 1
RADDEBLEVEL =2
CHANNELSELECTMODE =1
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RADLOGOUTPUT =1
GWDEBUGLEVEL =5
ENABLEPROXYKEEPALIVE =2
ENABLEEARLYMEDIA = 1
SIPSESSIONEXPIRES = 3600

PROXYNAME = "nortel-dplab.com'
SIPGATEWAYNAME = 'nortel-dplab.com'’

USERNAME = 'M3K'
PASSWORD ="0000'
ALWAYSSENDTOPROXY =1

PROXYREDUNDANCYMODE =1
USEGATEWAYNAMEFOROPTIONS = 1

PREFERROUTETABLE =1
ISFAXUSED =2
SIPTRANSPORTTYPE =0

GWREGISTRATIONNAME = 'M3K'

REGISTRARNAME ="
PLAYBUSYTONE2ISDN =2
LOCALISDNRBSOURCE 0=0
LOCALISDNRBSOURCE 1=0
LOCALISDNRBSOURCE 2 =1
LOCALISDNRBSOURCE 3 =1
LOCALISDNRBSOURCE 4 =0
LOCALISDNRBSOURCE 5=0
LOCALISDNRBSOURCE 6=0
LOCALISDNRBSOURCE 7=0
LOCALISDNRBSOURCE 8=0
LOCALISDNRBSOURCE 9 =0
LOCALISDNRBSOURCE 10=0
LOCALISDNRBSOURCE 11 =0
LOCALISDNRBSOURCE 12=0
LOCALISDNRBSOURCE 13 =0
LOCALISDNRBSOURCE 14=0
LOCALISDNRBSOURCE 15=0
LOCALISDNRBSOURCE 16=0
LOCALISDNRBSOURCE 17=0
LOCALISDNRBSOURCE 18=0
LOCALISDNRBSOURCE 19=0
LOCALISDNRBSOURCE 20=0
LOCALISDNRBSOURCE 21 =0
LOCALISDNRBSOURCE 22 =0
LOCALISDNRBSOURCE 23 =0
LOCALISDNRBSOURCE 24 =0
LOCALISDNRBSOURCE 25=0
LOCALISDNRBSOURCE 26 =0
LOCALISDNRBSOURCE 27 =0

QT; Reviewed: Solution & Interoperability Test Lab Application Notes
SPOC 9/7/2010 ©2010 Avaya Inc. All Rights Reserved.

35 of 61
M3KCS1000R7



LOCALISDNRBSOURCE 28 =0
LOCALISDNRBSOURCE 29 =0
LOCALISDNRBSOURCE 30=0
LOCALISDNRBSOURCE 31=0
LOCALISDNRBSOURCE 32=0
LOCALISDNRBSOURCE 33 =0
LOCALISDNRBSOURCE 34 =0
LOCALISDNRBSOURCE 35=0
LOCALISDNRBSOURCE 36 =0
LOCALISDNRBSOURCE 37=0
LOCALISDNRBSOURCE 38=0
LOCALISDNRBSOURCE 39=0
LOCALISDNRBSOURCE 40 =0
LOCALISDNRBSOURCE 41 =0
LOCALISDNRBSOURCE 42 =0
LOCALISDNRBSOURCE 43 =0
LOCALISDNRBSOURCE 44 =0
LOCALISDNRBSOURCE 45=0
LOCALISDNRBSOURCE 46 =0
LOCALISDNRBSOURCE 47 =0
LOCALISDNRBSOURCE 48 =0
LOCALISDNRBSOURCE 49 =0
LOCALISDNRBSOURCE 50=0
LOCALISDNRBSOURCE 51 =0
LOCALISDNRBSOURCE 52=0
LOCALISDNRBSOURCE 53 =0
LOCALISDNRBSOURCE 54 =0
LOCALISDNRBSOURCE 55=0
LOCALISDNRBSOURCE 56 =0
LOCALISDNRBSOURCE 57=0
LOCALISDNRBSOURCE 58 =0
LOCALISDNRBSOURCE 59 =0
LOCALISDNRBSOURCE 60 =0
LOCALISDNRBSOURCE 61 =0
LOCALISDNRBSOURCE 62 =0
LOCALISDNRBSOURCE 63 =0
LOCALISDNRBSOURCE 64 =0
LOCALISDNRBSOURCE 65=0
LOCALISDNRBSOURCE 66 =0
LOCALISDNRBSOURCE 67 =0
LOCALISDNRBSOURCE 68 =0
LOCALISDNRBSOURCE 69 =0
LOCALISDNRBSOURCE 70=0
LOCALISDNRBSOURCE 71 =0
LOCALISDNRBSOURCE 72=0
LOCALISDNRBSOURCE 73 =0

QT; Reviewed: Solution & Interoperability Test Lab Application Notes
SPOC 9/7/2010 ©2010 Avaya Inc. All Rights Reserved.

36 of 61
M3KCS1000R7



LOCALISDNRBSOURCE 74 =0
LOCALISDNRBSOURCE 75=0
LOCALISDNRBSOURCE 76 =0
LOCALISDNRBSOURCE 77=0
LOCALISDNRBSOURCE 78 =0
LOCALISDNRBSOURCE 79 =0
LOCALISDNRBSOURCE 80=0
LOCALISDNRBSOURCE 81 =0
LOCALISDNRBSOURCE 82 =0
LOCALISDNRBSOURCE 83 =0
PLAYRBTONE2TRUNK 0 = -1
PLAYRBTONE2TRUNK 1 = -1
PLAYRBTONE2TRUNK 2 =1
PLAYRBTONE2TRUNK 3 =1
PLAYRBTONE2TRUNK 4 = -1
PLAYRBTONE2TRUNK 5 =-1
PLAYRBTONE2TRUNK 6 = -1
PLAYRBTONE2TRUNK 7 =-1
PLAYRBTONE2TRUNK 8 = -1
PLAYRBTONE2TRUNK 9 = -1
PLAYRBTONE2TRUNK 10 =-1
PLAYRBTONE2TRUNK 11 =-1
PLAYRBTONE2TRUNK 12 =-1
PLAYRBTONE2TRUNK 13 =-1
PLAYRBTONE2TRUNK 14 =-1
PLAYRBTONE2TRUNK 15 =-1
PLAYRBTONE2TRUNK 16 =-1
PLAYRBTONE2TRUNK 17 =-1
PLAYRBTONE2TRUNK 18 =-1
PLAYRBTONE2TRUNK 19 =-1
PLAYRBTONE2TRUNK 20 =-1
PLAYRBTONE2TRUNK 21 =-1
PLAYRBTONE2TRUNK 22 =-1
PLAYRBTONE2TRUNK 23 =-1
PLAYRBTONE2TRUNK 24 =-1
PLAYRBTONE2TRUNK 25 =-1
PLAYRBTONE2TRUNK 26 =-1
PLAYRBTONE2TRUNK 27 =-1
PLAYRBTONE2TRUNK 28 =-1
PLAYRBTONE2TRUNK 29 =-1
PLAYRBTONE2TRUNK 30 = -1
PLAYRBTONE2TRUNK 31 =-1
PLAYRBTONE2TRUNK 32 =-1
PLAYRBTONE2TRUNK 33 =-1
PLAYRBTONE2TRUNK 34 = -1
PLAYRBTONE2TRUNK 35 =-1
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PLAYRBTONE2TRUNK 36 =-1
PLAYRBTONE2TRUNK 37 =-1
PLAYRBTONE2TRUNK 38 =-1
PLAYRBTONE2TRUNK 39 =-1
PLAYRBTONE2TRUNK 40 =-1
PLAYRBTONE2TRUNK 41 =-1
PLAYRBTONE2TRUNK 42 =-1
PLAYRBTONE2TRUNK 43 =-1
PLAYRBTONE2TRUNK 44 =-1
PLAYRBTONE2TRUNK 45 =-1
PLAYRBTONE2TRUNK 46 =-1
PLAYRBTONE2TRUNK 47 =-1
PLAYRBTONE2TRUNK 48 =-1
PLAYRBTONE2TRUNK 49 =-1
PLAYRBTONE2TRUNK 50=-1
PLAYRBTONE2TRUNK 51 =-1
PLAYRBTONE2TRUNK 52 =-1
PLAYRBTONE2TRUNK 53 =-1
PLAYRBTONE2TRUNK 54 =-1
PLAYRBTONE2TRUNK 55 =-1
PLAYRBTONE2TRUNK 56 =-1
PLAYRBTONE2TRUNK 57 =-1
PLAYRBTONE2TRUNK 58 =-1
PLAYRBTONE2TRUNK 59 =-1
PLAYRBTONE2TRUNK 60 =-1
PLAYRBTONE2TRUNK 61 =-1
PLAYRBTONE2TRUNK 62 =-1
PLAYRBTONE2TRUNK 63 =-1
PLAYRBTONE2TRUNK 64 =-1
PLAYRBTONE2TRUNK 65 =-1
PLAYRBTONE2TRUNK 66 =-1
PLAYRBTONE2TRUNK 67 =-1
PLAYRBTONE2TRUNK 68 =-1
PLAYRBTONE2TRUNK 69 =-1
PLAYRBTONE2TRUNK 70 =-1
PLAYRBTONE2TRUNK 71 =-1
PLAYRBTONE2TRUNK 72 =-1
PLAYRBTONE2TRUNK 73 =-1
PLAYRBTONE2TRUNK 74 = -1
PLAYRBTONE2TRUNK 75 =-1
PLAYRBTONE2TRUNK 76 = -1
PLAYRBTONE2TRUNK 77 =-1
PLAYRBTONE2TRUNK 78 =-1
PLAYRBTONE2TRUNK 79 =-1
PLAYRBTONE2TRUNK 80 = -1
PLAYRBTONE2TRUNK 81 =-1
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PLAYRBTONE2TRUNK 82 =-1
PLAYRBTONE2TRUNK 83 =-1
ENABLEHISTORYINFO =1
ADDPHONECONTEXTASPREFIX = 1
REMOVECALLINGNAME = 1
FAXCNGMODE =1
SIPREROUTINGMODE = 1
SOURCEIPADDRESSINPUT = 0

[SCTP Params]
[VXML Params]

[[Psec Params]

[Audio Staging Params]

[SNMP Params]

SNMPManagerlsUsed 0 =1
SNMPManagerlsUsed 1 =0
SNMPManagerlsUsed 2 =0
SNMPManagerlsUsed 3 =0
SNMPManagerlsUsed 4 =0
SNMPManagerTableIP_0 = 47.248.100.42
SNMPManagerTableIP_1 =0.0.0.0
SNMPManagerTableIP 2 = 0.0.0.0
SNMPManagerTableIP_3 =0.0.0.0
SNMPManagerTableIP_4 = 0.0.0.0
SNMPTrapManagerHostName = '47.248.100.57"'

. #%% TABLE DS3CONFIG ***

b

[ DS3CONFIG ]

FORMAT DS3CONFIG Index = DS3CONFIG_FramingMethod, DS3CONFIG_ClockSource,
DS3CONFIG_LineBuildOut, DS3CONFIG_Circuitldentifier, DS3CONFIG_TrapEnable,
DS3CONFIG_PmOnOff, DS3CONFIG_TappingEnable, DS3CONFIG_AdminState;
DS3CONFIG0=1,0,4,,1,1,0, 1;

DS3CONFIG1=1,0,4,,1,1,0, 1;
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DS3CONFIG2=1,1,4,,1,1,0,1;

[ \DS3CONFIG ]

; *** TABLE DspTemplates ***
; This table contains hidden elements and will not be exposed.
; This table exists on board and will be saved during restarts

9

**% TABLE PREFIX *#**

5

[ PREFIX ]

FORMAT PREFIX Index = PREFIX DestinationPrefix, PREFIX DestAddress,
PREFIX SourcePrefix, PREFIX Profileld, PREFIX MeteringCode, PREFIX DestPort,
PREFIX SrcIPGroupID, PREFIX DestHostPrefix, PREFIX DestIPGrouplD,

PREFIX SrcHostPrefix, PREFIX TransportType, PREFIX SrcTrunkGrouplD;
PREFIX 0 = *, nortel-dplab.com, *, 0, 255, 0, -1, , -1, , -1, -1;

[ \PREFIX ]

; *¥** TABLE CoderName ***
; This table contains hidden elements and will not be exposed.
; This table exists on board and will be saved during restarts

2

*#* TABLE TrunkGroup ***

5

[ TrunkGroup |

FORMAT TrunkGroup Index = TrunkGroup TrunkGroupNum, TrunkGroup FirstTrunkId,
TrunkGroup_FirstBChannel, TrunkGroup LastBChannel, TrunkGroup_FirstPhoneNumber,
TrunkGroup_Profileld, TrunkGroup LastTrunkld, TrunkGroup Module;

TrunkGroup 0=1, 0, 1, 23, , 0, 0, 255;

TrunkGroup 1 =3, 2, 1, 23, , 0, 2, 255;

TrunkGroup 2 =4, 3, 1, 23, , 0, 3, 255;

[ \TrunkGroup ]
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; *** TABLE NumberMaplp2Tel ***

9

[ NumberMaplIp2Tel |

FORMAT NumberMaplp2Tel Index = NumberMaplp2Tel DestinationPrefix,
NumberMaplp2Tel SourcePrefix, NumberMaplIp2Tel SourceAddress,
NumberMaplp2Tel NumberType, NumberMaplIp2Tel NumberPlan,
NumberMaplp2Tel RemoveFromLeft, NumberMaplp2Tel RemoveFromRight,
NumberMaplIp2Tel LeaveFromRight, NumberMaplp2Tel Prefix2Add,
NumberMaplp2Tel Suffix2Add, NumberMaplp2Tel IsPresentationRestricted,
NumberMaplIp2Tel SrcTrunkGroupID, NumberMaplp2Tel SrcIPGrouplD;
NumberMaplIp2Tel 0 =224, *,*,4,1,0,0, 7, , , 255, -1, -1;
NumberMaplIp2Tel 1 =41, *,*,4,9,0,0,7,,, 255, -1, -1;

NumberMaplp2Tel 2 =43, *,*,4,9,0,0, 7, ,, 255, -1, -1;

NumberMaplIp2Tel 3 =*, *,*,4,9,0,0, 7, ,, 255, -1, -1;

[ \NumberMaplp2Tel ]

*** TABLE NumberMapTel2Ip ***

9

[ NumberMapTel2Ip |

; ¥* NOTE: Changes were made to active configuration.

; R The data below is different from current values.

FORMAT NumberMapTel2lp Index = NumberMapTel2lp DestinationPrefix,
NumberMapTel2Ip SourcePrefix, NumberMapTel2Ip SourceAddress,
NumberMapTel2lp NumberType, NumberMapTel2lp NumberPlan,
NumberMapTel2lp RemoveFromLeft, NumberMapTel2Ip RemoveFromRight,
NumberMapTel2lp LeaveFromRight, NumberMapTel2lp Prefix2Add,
NumberMapTel2Ip Suffix2Add, NumberMapTel2Ip IsPresentationRestricted,
NumberMapTel2lp SrcTrunkGrouplID, NumberMapTel2lp SrcIPGrouplD;
NumberMapTel2lp 0 =210, *, *, 255, 255, 0,0, 7, , 4, 255, -1, -1;
NumberMapTel2lp 1 =40, *, * 255, 255,0,0, 7, ,, 255, -1, -1;
NumberMapTel2lp 2 =42, *, *, 255, 255,0,0, 7, ,, 255, -1, -1;
NumberMapTel2Ip 46 = 46, *, *, 255,255,0,0,7,,, 255, -1, -1;
NumberMapTel2lp 47 = *, *, * 255, 255,0,0, 7, ,, 255, -1, -1;

[ \NumberMapTel2lp ]

*** TABLE SourceNumberMaplIp2Tel ***

QT; Reviewed: Solution & Interoperability Test Lab Application Notes 41 of 61
SPOC 9/7/2010 ©2010 Avaya Inc. All Rights Reserved. M3KCS1000R7



[ SourceNumberMaplIp2Tel ]

FORMAT SourceNumberMaplIp2Tel Index = SourceNumberMaplp2Tel DestinationPrefix,
SourceNumberMaplp2Tel SourcePrefix, SourceNumberMapIp2Tel SourceAddress,
SourceNumberMaplIp2Tel NumberType, SourceNumberMapIp2Tel NumberPlan,
SourceNumberMaplIp2Tel RemoveFromLeft, SourceNumberMapIp2Tel RemoveFromRight,
SourceNumberMapIp2Tel LeaveFromRight, SourceNumberMaplp2Tel Prefix2Add,
SourceNumberMaplp2Tel Suffix2Add, SourceNumberMaplIp2Tel IsPresentationRestricted,
SourceNumberMapIp2Tel SrcTrunkGroupID, SourceNumberMaplp2Tel SrcIPGrouplD;
SourceNumberMaplIp2Tel 0 =*, *, *,4,9,0,0,7,,,0, -1, -1;

SourceNumberMaplIp2Tel 1 =*, *,*/4,1,0,0,7,,,0, 1, 1;
SourceNumberMaplIp2Tel 2 =*, * */2,1,0,0,7,,,0, -1, -1;
SourceNumberMaplIp2Tel 3 =*, * */1,1,0,0,7,,,0, -1, -1;
SourceNumberMaplp2Tel 4 =*, *, *,2,9,0, 0, 255, ,,0, -1, -1;
SourceNumberMaplIp2Tel 5 =*, *,*/3,1,0,0,7,,,0, -1, -1;

[ \SourceNumberMaplIp2Tel ]
; *** TABLE SourceNumberMapTel2Ip ***

5

[ SourceNumberMapTel2Ip ]

FORMAT SourceNumberMapTel2lp Index = SourceNumberMapTel2lp DestinationPrefix,
SourceNumberMapTel2Ip SourcePrefix, SourceNumberMapTel2Ip SourceAddress,
SourceNumberMapTel2Ip NumberType, SourceNumberMapTel2lp NumberPlan,
SourceNumberMapTel2lp RemoveFromLeft, SourceNumberMapTel2Ilp RemoveFromRight,
SourceNumberMapTel2lp LeaveFromRight, SourceNumberMapTel2lp Prefix2Add,
SourceNumberMapTel2lp Suffix2Add, SourceNumberMapTel2Ip IsPresentationRestricted,
SourceNumberMapTel2lp SrcTrunkGrouplID, SourceNumberMapTel2lp SrcIPGrouplD;
SourceNumberMapTel2Ip 1 = *, * * 255,255,0,0,7,,, 255, -1, -1;

[ \SourceNumberMapTel2Ip ]

; *** TABLE PstnPrefix ***

2

[ PstnPrefix ]

; ¥* NOTE: Changes were made to active configuration.
; *¥* The data below is different from current values.
FORMAT PstnPrefix_Index = PstnPrefix DestPrefix, PstnPrefix TrunkGroupld,
PstnPrefix_SourcePrefix, PstnPrefix SourceAddress, PstnPrefix_Profileld,
PstnPrefix_SrcIPGrouplD, PstnPrefix DestHostPrefix, PstnPrefix SrcHostPrefix;
PstnPrefix 0 =41, 3, *, *, 0, -1, *, *;

PstnPrefix 1 =43, 4, * * 0, -1, *, *;
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[ \PstnPrefix |

; *** TABLE Dns2Ip ***

9

[ Dns2Ip |

FORMAT Dns2Ip Index = Dns2Ip DomainName, Dns2Ip FirstIpAddress,
Dns2Ip SecondIpAddress, Dns2Ip ThirdIpAddress, Dns2Ip FourthIpAddress;

Dns2Ip 0 = nortel-dplab.com, 47.248.100.181, 0.0.0.0, 0.0.0.0, 0.0.0.0;
Dns2Ip 1 = nortel-dplab.com, 47.248.100.227, 0.0.0.0, 0.0.0.0, 0.0.0.0;

[ \Dns2Ip ]

*#* TABLE Proxylp ***

5

[ Proxylp |

FORMAT Proxylp Index = Proxylp IpAddress, Proxylp TransportType, Proxylp ProxySetld;

Proxylp 0 =47.248.100.181, 0, 0;
Proxylp 1 =47.248.100.227, 0, 0;

[ \Proxylp ]

; *** TABLE TxDtmfOption ***
[ TxDtmfOption ]

FORMAT TxDtmfOption Index = TxDtmfOption_Type;
TxDtmfOption 0 = 4;

[ \TxDtmfOption ]

; *** TABLE TrunkGroupSettings ***

b

[ TrunkGroupSettings ]
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FORMAT TrunkGroupSettings Index = TrunkGroupSettings TrunkGroupld,
TrunkGroupSettings ChannelSelectMode, TrunkGroupSettings RegistrationMode,
TrunkGroupSettings GatewayName, TrunkGroupSettings ContactUser,
TrunkGroupSettings ServingIPGroup, TrunkGroupSettings MWIlInterrogationType;
TrunkGroupSettings 0 = 1, 1, 255, , , -1, 255;

[ \TrunkGroupSettings ]

*** TABLE PhoneContext ***

b

[ PhoneContext |

; ¥* NOTE: Changes were made to active configuration.

; ¥* The data below is different from current values.

FORMAT PhoneContext Index = PhoneContext Npi, PhoneContext Ton,
PhoneContext Context;

PhoneContext 0 = 0, 0, udp;

PhoneContext 1 =9, 2, udp;

PhoneContext 2 =9, 4, cdp.udp;

[ \PhoneContext ]

*** TABLE ProxySet ***

5

[ ProxySet |

FORMAT ProxySet Index = ProxySet EnableProxyKeepAlive,

ProxySet ProxyKeepAliveTime, ProxySet ProxyLoadBalancingMethod,
ProxySet IsProxyHotSwap, ProxySet SRD, ProxySet ClassificationInput;
ProxySet 0=2, 15,0, 1, 0, 0;

[ \ProxySet |

*#* TABLE CodersGroup(Q ***

b

[ CodersGroupO ]

FORMAT CodersGroup0 Index = CodersGroup0 Name, CodersGroup0 pTime,
CodersGroup0_rate, CodersGroup0_ PayloadType, CodersGroupO_Sce;
CodersGroup0 0 = g711Alaw64k, 10, 0, -1, 0;
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CodersGroup0 1 = g711Alaw64k, 20, 0, -1, 0
CodersGroup0 2 = g711Alaw64k, 30, 0, -1, 0
CodersGroup0 3 = g711Ulaw64k, 10, 0, -1, 0;
CodersGroup0 4 = g711Ulaw64k, 20, 0, -1, 0
CodersGroup0 5 = g711Ulaw64k, 30, 0, -1, 0

CodersGroup0 6 = g729, 10, 0,

-1,0
CodersGroup0 7 = g729, 20,0, -1, 0
0,-1,0

CodersGroup0 8 = g729, 30, 0,
CodersGroup0 9 = g7231, 30, 0,

[ \CodersGroupO ]

5.2. Screen shots

b b

5 5
5 5
9 9
> 2
2

> 2

4,0;

- Configuring Proxy and Registration Parameters: The ‘Proxy & Registration’ page allows
you to configure parameters that are associated with Proxy and Registration.

- Gateway name in ‘Proxy & Registration’ page should match with domain name in NRS.

In this case Gateway name on Mediant 3000 is: nortel-dplab.com (see Figure 20).

- User name and Password in ‘Proxy & Registration page’ should match with Gateway
Endpoint name and Authentication password defined on NRS (see Figure 21).

For example in this case:

On Mediant 3000: username: M3K, password: 0000

On NRS: Gateway Endpoint name: M3K, Authentication password: 0000
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- Configuring the Proxy Sets table: the ‘Proxy Sets Table’ page as shown in Figure 23
allows you to define Proxy Sets. A Proxy Set is a group of Proxy servers defined by IP
address or fully qualified domain name (FQDN). You can define up to ten Proxy Sets.
For each Proxy server address you can define the transport type.
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Figure 23: Proxy set tables

- Configure outbound IP routing rules: the ‘Outbound IP Routing Table’ page provides a
table for configuring up to 180 out bound IP call routing rules. The device uses these
rules to route calls (Tel or IP) to IP destinations (When a proxy server is not used for
routing).
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- Configuring the Inbound IP routing table: the ‘Inbound IP Routing Table’ page allows
you to configure up to 120 in bound call routing rules. The device uses these rules for IP
to IP routing and IP to Tel routing.
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Figure 25: IP to Trunk Group Routing

- Manipulation Tables: the Manipulation Tables submenu allows you to configure number
manipulation and mapping of NPI/TON to SIP messages. This submenu includes the
following items:

o Dest number IP->Tel as shown in Figure 26.

f
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Figure 26: Dest Number IP->Tel
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- Dest number Tel->IP: Manipulate number received from PSTN for the outgoing SIP
Diversion, Resource-Priority, or History-Info header that is sent to IP. Shown below in
Figure 27.
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Figure 27: Dest number Tel->IP

- Source Number IP->Tel as shown in Figure 28.
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Figure: 28: Source Number IP->Tel
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- Source Number Tel->IP as shown in Figure 29.
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Figure 29: Source Number Tel->IP

- Mapping NPI/TON to SIP Phone-Context: the ‘Phone-Context Table’ is used to map
Numbering Plan Indication (NPI) and Type of Number (TON) to the SIP Phone-Context
parameter, as shown below in Figure 30.
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- Configuring Coders: the ‘Coders’ page allows you to configure up to ten coders (and
their attributes) for the device. The First coder in the list has the highest priority and is
used by the device whenever possible. If the far end cannot use the first coder, then
device attempts to use the next coder in the list, and so on.
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Figure 31: Coders

- Configuring DTMF and Dialing parameters: the ‘DTMF & Dialing’ page is used to
configure parameters associated with dual-tone multi-frequency (DTMF) and dialing, as
shown below in Figure 32.
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- Configuring the Trunk Settings: the ‘Trunk Settings’ page as seen in Figure 33 below
allows you to configure device trunks. This includes selecting the PSTN protocol and
configuring related parameters.

+ Protocol Type: Configure the protocol type for a specific Trunk.
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+T1 NI2 ISDN = National ISDN 2 PRI protocol
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Figure 34: T1_NI2 ISDN

- Configuring the Transmission Settings: The ‘Transmission Settings’ page as seen in

Figure 35 allows you to define the PSTN transmission type (i.e., T3/DS3 or
SONET/SDH).
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Figure 35: DS3 Transmission Settings
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5.3 Configuration for Telco Edgelink 100

In this test set up/configuration, the Telco Edgelink 100 is used as MUX device to do conversion
of the DS3 interface on the AudioCodes Mediant 3000 to the DS1 interface which is connecting
to the PSTN via PRI QSIG protocol. This Telco Edgelink can be replaced by any other third
party MUX conversion device for the same purpose. The following setting parameters are used
for DS3, DSI1, cable length, clocking source, and frame format. Make sure that these parameters
are set properly on the Mediant 3000 and Telco Edgelink 100 device.

5.3.1. DS3 Mode
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Figure 36: DS3 mode
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- DS3 line buildout
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Figure 37: DS3 line buildout

- DS3 Loopback
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Figure 38: DS3 loop back
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- DS3 BER
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Figure 39: DS3 BER

- DS3 Timing
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Figure 40: DS3 Timing
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5.3.2. DS1 Line Code
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Figure 41: DS1 Line Code

- DS1 Line Buildout
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Figure 42: DS1 Line Buildout
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- DS1 Loopback Mode
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Figure 43: DS1 Loopback Mode
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6. General Test Approach and Test Results

The focus of this interoperability compliance testing was primarily to verify the SIP trunk
signaling establishment between AudioCodes Mediant 3000 and Avaya Communication Server
1000.

6.1. General test approach
The general test approach was to have the CS1000 clients/users placing calls to Mediant 3000
from the CS1000 and vice versa. The main objectives were to verify the Mediant 3000
successfully performed the following:
e Register to CS1000 Release 7.0 NRS/SPS domain as a SIP gateway endpoint.
e (all establishment between PSTN phones and Avaya CS1000 SIP and non SIP
phone/clients.
e Basic call operation: DTMF transmission, voicemail with MWI notification, busy, hold.
e Advance CS1000 Call Server features: Call forward busy/no answer, call redirection and
conference: Avaya phones as a transferor for blind/consultative transfers and as a
moderator for the 3 ways conference call.
e Codec negotiations.

6.2. Test Results

The objectives outlined in Section 6.1 were verified and met.

7. Verification Steps

This section includes some steps that can be followed to verify the configuration.

e Place a call from and to the PSTN phone (emulate by CS1000 Release 6.0) and verify
that the call is established with 2 way speech path.

e During the call, use syslog tool, pcap (ethereal) at the Mediant 3000 Gateway and clients
to make sure that all SIP request/response messages are correct.

8. Conclusion

All of the executed test cases have passed and met the objectives outlined in Section 6.1. The
AudioCodes Mediant 3000 version 6.00A.020.002 has successfully passed compliance testing
with Avaya Communication Server 1000 Release 7.0.

QT; Reviewed: Solution & Interoperability Test Lab Application Notes 58 of 61
SPOC 9/7/2010 ©2010 Avaya Inc. All Rights Reserved. M3KCS1000R7



9. Additional References

Product documentation for Avaya products may be found at:
http://support.nortel.com/go/main.jsp

[1] Communication Server 1000 SIP Line Fundamental, Rel. 7.0, Revision 01.08, February
2010, Document Number NN43001-508

[2] Communication Server 1000E Maintenance, Rel. 7.0, Revision 03.16, January 2010,
Document Number NN43041-700

[3] Communication Server 1000 ISDN Primary Rate Interface Installation and Commissioning,
Revision 01.03, August 2007, Document Number NN43001-301

[4] Troubleshooting Guide for Distributors, Rel. 7.0, Revision 02.02, December 2009, Document
Number NN43001-730

[5] Communication Server 1000F Installation and Commissioning, Rel. 7.0, Revision 03.06,
February 2010, Document Number NN43041-310

[6] Communication Server 1000E Software Upgrades, Revision 03.12, February 2010,
Document Number NN43041-458

[7] Communication Server 1000E Linux Platform Base and Applications Installation and
Commissioning, Revision 03.10, February 09, 2009 , Document Number NN43001-315

[8] Communication Server 1000 Unified Communications Management Common Services
Fundamentals, Revision: 03.04, September 28, 2009, Document Number NN43001-116

Product information for AudioCodes Mediant 3000 products can be found at:
http://www.audiocodes.com
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10. Appendix - Physical connection between Mediant 3000-

Edgelink100 and Edgelink100-CS1000

+ DS3 connection: Mediant3000 and EdgeLink100

- Diagram: refer lab diagram.

- Cable type: Copper Coaxial
- Cable length: 200-450 ft

- Cable pin outs:

Mediant3000 EdgeLink100
TX > Rx
Rx < Tx

<«

+ DS1 connection: EdgeLink100 and CS1000

- Diagram: refer lab diagram.

- Cable type: Copper Twisted Pair

- Cable length: <655 ft

- Cable pin outs: This is the illustration for 1 DS1 connection using the 1* pair of EdgeLink100 64 pins

connector and CS1000 RJ21 50 pins connector.

Edgelink100 (64 pins) CS1000 (RJ21-50 pins)

- DSX1-IN

RxRing—Pin1 < 23 Tx RingRing - Pin 23

Rx Tip-Pin33 < 48 Tx Tip — Pin 48

- DSX1- OUT R

Tx Ring — Pin 1 d 24 Rx Ring — Pin 24

Tx Tip - Pin 33 > 49 Rx Tip — Pin 49
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